MAY-23-2006 TUE 05=39 PM MARGER JOHNSON 



FAX NO. 5032744622 



P. 



IN THE CLAIMS 

Please amend the claims as follows: 

1 . (Currently Amended) A method for controlling a Voice Over over.lnternet 
Protocol (VoIP) call at a telephone endpoint, comprising: 

tracking adaptation s ch e m es scheme settings used at the telephone endpoint for 
transmitting packets in the VoIP rail, the tele phone endnoint being an origin ating source for 

the VoIP call : ; 

accessing the adaptation scheme settings to determin e a current pref erred encoding 
algorithm for encoding an audio input for the VoI P call at the telephone endpoint; 

encoding a portion of the audio input using the current preferred enc oding algorithm 
and then transmitting the encoded portion of the aud io input from th e telephone pndpoint; 

monitoring a user response to the VoIP call that requests a different level of user 
perceived sound quality for the VoIP call; and 

selecting a new preferred encoding algo ^thm to vary the user perceived sound 

qu ality ; 

u pdating the adaptation scheme settings w ith the new preferred encoding algorithm 
selection during the V oIP call: and 

encoding a remainip p portion of th e audio input at the telephone endpoint using the 
preferred new encoding algorithm and then transmitting the encoded remaining portion of the 
audio input from the telephone endpoint. 

dynamically varying the adaptation pohomoa used at the telephone endpoint for 
transmitting the paokotj in too VoIP call from tho telephone on d poiul to oorroupond wi t h 1 hn> 
requested level of user perc e iv e d pound quality; 

wherein dynamically varyin g d ie adaptation s rhr?mri affooto how much digital d ntn is 
used to represent an audio flignol. 

2. (Previously Presented) A method according to claim 1 including; 
initially transmitting the packets in the VoIP call over an Internet Protocol (IP) packet 
switched network using an IP packet best effort transmission scheme; 

monitoring the user response for a request to increase sound quality; and 
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requesting reservation of IP packet switched network resources during the already 
established VoIP call when the increase sound quality request is detected from the user 
response prior to the reserved IP packet switched network resources being used during the 
VoIP call and without necessarily using the entire requested resources during the VoIP call. 

3. (Previously Presented) A method according to claim 2 wherein requesting 
reservation of network resources comprises making an RSVP (Resource Reservation 
Protocol) request during the VoIP call. 

4. (Original) A method according to claim 2 including conducting the already 
established VoIP call using reserved network resources when the requested reservation is 
accepted and the user response requests additional increases in the sound quality of the VoIP 
call. 

5. (Original) A method according to claim 4 including increasing voice coder 
performance or reducing payload size after the network resources are reserved. 

6. (Original) A method according to claim I including using a signal generated by 
an input device to detect the user response during the VoIP call. 

7. (Original) A method according to claim 6 including using a dial or buttons on a 
telephone as the input device. 

8. (Original) A method according to claim 6 including using a graphical user 
interface as the input device. 

9. (Original) A method according to claim 1 including decoding Dual Tone Multiple 
Frequency signals to detect the user response. 

10. (Currently Amended) A method for controlling a VoIP call, comprising: 
tracking adaptation schemes used for transmitting packets in a Voice Qwer oyer IP 

(VoIP) call; 

monitoring a user response to the VoIP call; 
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dynamically varying the adaptation schemes used for transmitting the packets 
according to f. ™™ ada ptation ^ election Hnrinr the VqIP call tho monitored us e* 
r es pon se; and 

monitoring congestion in a network used for conducting the VoIP call; asd 
varying the adaptation schemes according to both the usor respons e userjadaptation 
scheme selection a nd the monitored congestion; 

wherein the user adaptation scheme selection dynamically va i> mg the adaptation 
schemes inoludoo oithor varying " ' hieb controls which coder algorithm is used at the 
telephone endpoint, va*yi*g a packet payload size of the packets or varying wh* type of 
Forward Error Correction (FEC) is used in association with the packets. 

1 1 . (Currently Amended) A method according to claim [[1]] 1 0 further including 
automatically updating a netw o rk resource reservation in response to the user adaptation 
scheme selection, w l i uxtm i v aiyi ng tho a da ptat i on o chomoo comprises voryinjl codecs uood for 
cnooding audio signals into digital data making u p the packets . 



12. (Currently Amended) A method according to claim [[1]] 1 0 fttfljher including 
receiving a user cost selec tion for the VoIP call; and 

.fflfrfflflt follv varying th » ada ptation schemes in response to the user cost selection for , 
the VoIP call, i ncluding dotccting a user jo c ponso selecting a coat for the VolP;ca l l r md 
varying th o adaptation schemes acoording to tho sol o otcd cost * 

13. (Currently Amended) An adaptation system, comprising: 

an input for detecting to detect a user response requesting a different user perceived 
sound quality for a *«" P rt«i ^.ifVing ft user-defined codec selection; and 

a controller fi to T reasure current network congestion pf a network tha i 

transmits the c*H and determin e - » packet loss ratio associated with the requested different 
user perceived «onnd q uality. The inter-defined cod ec s ele cti on and the measured current 
network congestion: 

the controller to compare the determ in ed packet lo ss ratio to a predetermined packet 
loss ratio that i « ae-cordine to «m em pirical analysis identifyinp * Threshold amount of 
packet loss that represents a mini mum call sound quality; 
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the controller t o dynamically vary adaptatiefl-pafaffleters a codec used to, encode the 
call while th * ™" ^ iii peeress m o d for transmitting paolcoto making op the c nll t o 
^rrn^nnrt wit h according to the user-defined c o dec selecti on when the determined packet 
loss ratio is less than the predeterm ined packet loss ratio: 

the controller to determine a system-defined code c selection cor responding to both the 
measured network congestion and the deter m ined packet loss ratio when the determine d 
packet loss ratio is equal to or greater t h an the predetermined packet l™s ratio; and 

the controller to dy namically v ary the codec u sed to encode the call while the call is in 
pro gress according to the svstem -defined codec selecti on whe n th e determined packet los s 
ratio is equal to or greater than the predeter mine packet loss ratio U iO icquo o tod differe n t 
tts cr perooivod sound quality in tho user response detected by the input ; 

wh e rein dynamically v myi ng d m a d a p t atio n p nmmpt ri ro ufleUi . h o w on analog s i C™* 
is converted into th e packets making up the call . 

14. (Cancelled) 

1 5. (Currently Amended) An adaptation system according to claim 13 wherein the 
controller initially transmits [[the]] packets in the call using a best effort transmission scheme 
and during the call requests reservation of network resources when the user response requests 
increased sound quality. 

16. (Previously Presented) An adaptation system according to claim 1 £ wherein the 
controller initiates an RSVP (Resource Reservation Protocol) request to reserve the network 
resources. 

17. (Currently Amended) An adaptation system according to claim 1 5 wherein the 
controller monitors for acceptance of the network reservation request and modifies the 
adaptation parameters codec t o provide an increased sound quality call whe» qnly after the 
acceptance is received. 

18. (Original) An adaptation system according to claim 13 wherein the input 
comprises a dial or buttons. 
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19. (Original) An adaptation system according to claim 13 wherein the input 
comprises a graphical user interface. 

20. (Currently Amended) An adaptation system according to claim 19 including a 
cost icon in the graphical user interface that allows selection of a call cost, the controller 
resiricting the system-defined according selecti o n according to the v m > iog tho adaptation 
parameters aooording to th e selected call cost. 

21. (Original) An adaptation system according to claim 13 wherein the input device 
generates Dual Tone Multiple Frequency signals that are decoded by the controller for 
identifying the user response. 

22. (Currently Amended) An adaptation system according to claim 1 3 further 
u prising the controller mom'tVine a p a cket pavload size for the call in response to the 
requested different user perce^d sound quality wh uioi n the user roopouoo dotqrminoa h o w 
much the oontrollor varioo the adaptation pararootoro . 

23. (Original) An adaptation system according to claim 13 wherein the controller 
varies a rate that the packets are transmitted and received during the call. 

24. (Currently Amended) An electronic storage medium containing software used for 
controlling a Voice over IP (V oIP) call, the software in the electronic storage medium 
comprising: 

code for m r H n c nd rmtn+i-r ™h»m,,«- .redetermining a current payload size for 
tran o mitting audio packets in [[a]] the Voice Over IP (VoIP) call; 

code for monitoring a user response to the VoIP call indicating a desired level of user 
perceived audio quality for the VoIP call; a«4 

code for determining a current jitter am ount for the VoIP call; 

code for dynamically varying tho adaptation achomcs changing the current payload 
for the audio nackets mid-^11 to correspo n d w i t h th e desire d level of u,ser perceived 
audio Quality orlv when the c u rrent iitter amount is less than a predetermined fitter amount 
that is preset and represents an ac ceptable perceivable sound quality, mod fui uausmittinc the 
audio packoto from a tolophono ondpoint ao that tho user p uoo ivcd audio quulHy of tho V n fP 
call oorresponda with the monitored usef - re s pOBse r 
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25. (Original) An electronic storage medium according to claim 24 including; 
code for initially transmitting the packets in the VoIP call using a best effort 

transmission scheme; 

code for monitoring the user response for a request to increase voice quality; and 
code for requesting reservation of network resources during the already established 

VoIP call when the increase voice quality request is detected from the user response. 

26. (Previously Presented) An electronic storage medium according to claim 25 
including code that requests reservation of network resources by making an RSVP (Resource 
Reservation Protocol) request in the middle of the VoIP call. 

27. (Original) An electronic storage medium according to claim 25 including code for 
conducting the already established VoIP call using reserved network resources when the 
requested reservation is accepted and the user response requests additional increases in voice 
quality of the VoIP call. 

28. (Original) An electronic storage medium according to claim 27 including code for 
increasing voice coder quality and reducing packet payload size for the packet^ in the VoIP 
call after the network resources are reserved. 

29. (Original) An electronic storage medium according to claim 24 including code 
that detects the user response from a signal generated by an input device controllable by a 
user during the VoIP call. 

30. (Original) An electronic storage medium according to claim 29 wherein the input 
device comprises a dial on a telephone. 

31. (Original) An electronic storage medium according to claim 29 wherein the input 
device comprises a graphical user interface on a computer. 

32. (Original) An electronic storage medium according to claim 24 including code 
that decodes Dual Tone Multiple Frequency signals to identify the user response. 
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33. (Currently Amended) An electronic storage medium according to claim 24 
including code for monitoring congestion in a network used for conducting the VoIP call and 
varying the adaptation schemer current oavload size according to the user response and the 
monitored congestion. 

34. (Currently Amended) An electronic storage medium according to claim 24 
including: 

code for varying codecs used for encoding audio signals into digital data making up 
the audio packets associated with the VoIP call data ; 

code for varying a rate that the audio packets are transmitted and received during the 

VoIP call; 

code for varying an amount of audio data in the audio packets; and 

code for adding or removing error correction information from the audio packets. 

35. (Original) An electronic storage medium according to claim 24 including code for 
detecting a user response selecting a cost for the VoIP call and varying the adaptation 
schemes according to the selected cost. 

36. (Currently Amended) A system for controlling a VoIP call, comprising: 
means for tracking adaptation schemes used for transmitting audio packets in a Voice 

Over over DP (VoIP) call; 

means for monitoring a user response to the VoIP call indicating a desired level of 

user perceived audio quality for the VoIP call ; and 

means for dynamically varying the adaptation schemes used for transmitting the audio 
packets from a telephone endpoint in response to user indications so that the user perceived 
audio quality of the VoIP call corresponds with the monitored user response[[;]]i 

for insuring a W packet loss rate for the VoIP C*H before dynamically 

varying the adaptati on schemes; 

for measuring a «*™nd packet loss rate for the VoI P nail after dynamical^ 

varying the adap tation schemes: 

for rnm P ari»p th* first pa c ket loss rate to ihe second packet loss rat?; and 
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means for automatically dynamically re-varvin t > the adaptation schemes to lower 
bandwidth co nsum ption in res ponse to a ^ termination that the second packet lqss rate is a 
predetermined amount higher than the first packet loss rate. 

37. (Currently Amended) A system for controlling a VoIP call, comprising: 
means for tracking packet pavload size for a VoIP call h acking adaptatipn schemes 
used for transmitting audio packoto in a Voice Over IP (VoIP) oa» ; 

means for monitoring a user response to the VoIP call indicating delays associated 

with the VoIP call; 

means for determining current n etwork concestiom 

means for dynamically varying the adaptation oclwm&o uaod foi ui utflaiitting tho aud io 
pU, p^ Vttt pavload size during the VoI P ™ll sn that packets of the VoIP oaf 1 include 
pavlnads of varying sizes a ccording to the monitored user response when foe current networ k 
congestion is lower than a predetermi n ed threshold . dynamically varying tho adaptation 
oohomoo ohanging how an analog audio signalio paoUotiged into the audio paokots ; 

means for initially transmitting the packets in tho VoTP ™ tf the packets using a best 
effort transmission scheme; 

means for monitoring the user response for a request to increase voice quality; and 

means for requesting reservation of network resources for the call duriiig the already 
established VoIP call when the increase voice quality request is detected from the user 
response and when the current netw o rk congestion is below a predetermined tHrpshold [(.]]; 
and 

mMn8 for indicating that the encoding process ha s no t been dyn amically va ried when 
the current network congestion is not lower th an a predetermined threshold., 

38. (Previously Presented) A system according to claim 37 including means for 
requesting reservation of network resources by making an RSVP (Resource Reservation 
Protocol) request in the middle of the VoIP call. 

39. (Original) A system according to claim 37 including means for copducting the 
already established VoIP call using reserved network resources when the requested 
reservation is accepted and the user response requests additional increases in voice quality of 
the VoIP call. 
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40. (Original) A system according to claim 38 including means for increasing voice 
coder quality and reducing packet payload size for the packets in the VoIP call after the 
network resources are reserved. 

41. (Original) A system according to claim 36 including means for detecting the user 
response from a signal generated by an input device controllable by the user during the VoIP 
call. 

42. (Original) A system according to claim 36 including means for detecting the user 
response from a dial on a telephone. 

43. (Original) A system according to claim 36 including means for detecting the user 
response ftom a graphical user interface on a computer. 

44. (Original) A system according to claim 36 including means for decoding Dual 
Tone Multiple Frequency signals to monitor the user response. 

45. (Original) A system according to claim 36 including means for monitoring 
congestion in the network used for conducting the VoIP call and varying the adaptation 
schemes having a best chance with the monitored congestion of adapting the VoIP call to the 
user response. 

46. (Original) A system according to claim 36 including: 

means for varying codecs used for encoding audio signals into digital data making up 
the audio packets; 

means for varying a rate that the audio packets arc transmitted and received during the 
VoIP call; 

means for varying an amount of audio data in the audio packets; and 

means for adding or removing error correction information from the aqdio packets. 

47. (Previously Presented) A system according to claim 36 including means for 
detecting a user response selecting a cost for the VoIP call and means for varying the 
adaptation schemes according to the selected cost. 
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48. (Currently Amended) A method for controlling a call, comprising; 
es tablishing a coll over a Plain Old T o l op h ui m S ystem (P OT S) ; 
go ii omtinB Dual Tone . Multiple Frequency (DTMQ ui^ i uli . Lu liqu et n rnnr r n lW t n 
modify a s& und qualit y- of the oall; 

receiving a call over a circuit switched network; 

packetizing * first portion of t he call into first packets having a first packet payload 
gjze_at a network device? gateway t hat is coupled to a packet switched network; ; 

reiving one or more Hnal Tone Multiple Frequenc y (DTMF) to nes over the circui t 
switched network from an origination source of t h ft call, the one or more DTMF tones 
indicating a delay associated with the call: 

packfttiring a remaining portion of the call int o second packets having a second 
packet pavload si*e that is different than t he first nacket navload size in response to receiving , 
the one or more DTMF tones. 

m o difying adaptation paramotora roaponac to tho DTMF aignalo to modify the soun d 

quality of the paokotized oall. 

49. (Previously Presented) A method for controlling a Voice Over Internet Protocol 

(VoIP) call, comprising: 

tracking adaptation schemes used for transmitting packets in the VoIP tall; 

monitoring a user response to the VoIP call that requests a different level of user 
perceived sound quality for the VoIP call; and 

dynamically varying the adaptation schemes used for transmitting the packets in the 
VoIP call to correspond with the requested level of user perceived sound quality; 

wherein dynamically varying the adaptation schemes includes adjusting Forward 
Error Correction (FEC) and adjusting packet payload length. 

50. (Previously Presented) The method of claim 1 further comprising: 
listening to an audible signal after dynamically varying the adaptation scheme to 

determine a level of user perceived sound quality for the audible signal; 
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further dynamically varying the adaptation schemes to improve the audible signal 
when the user perceived quality of the audible signal is low; and 

further listening to the improved audible signal to determine a level of user perceived 
sound quality for the improved audible signal. 

5 1 . (New) The method of claim 49 wherein the packet payload length is dynamically 
varied according to measured network, congestion. 

52. (New) The method of claim 51 wherein the packet payload length is adjusted in 
response to a user indication of delays during the VoIP call. 

53. (New) ITie method of claim 52 wherein the packet payload length lis increased in 
response to the user indication. 

54. (New) The method of claim 53 wherein the packet payload lengthis associated 
with a first packet payload type having 20 bytes when the delay is less than a predetermined 
threshold and the packet payload length is associated with a second packet payload type 
having at least 40 bytes when the delay is greater than the predetermined threshold. 

55. (New) The method of claim 53 further comprising optimizing packet payload 
length according to a received maximum call cost selection. 

56. (New) The method of claim 1 further comprising: 

receiving a maximum call cost selection for the VoIP call indicating how much a user 
is willing to pay for the VoIP call; and 

selecting the new preferred encoding algorithm according to the maximum call cost 

selection in addition to the user request. 

57. (New) The method of claim 48 further comprising: 

receiving a communication over the circuit switched network, the communication 
indicating how much a user is willing to pay for a portion of the VoIP call that is transferred 
over the packet switched network; 
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determining whether packetizing the remaining portion using the second packet 
payload size will cause the portion of the VoIP call that is transferred over the packet 
switched network to exceed an amount included in the indication; 

determining a third packet payload size when the remaining portion using the second 
packet payload size will cause the portion of the VoIP call that is transferred oyer the packet 
switched network to exceed an amount included in the indication; and 

packetizing the remaining portion of the call into second packets having the third 
packet payload size when the remaining portion using the second packet payload size will 
cause the portion of the VoIP call that is transferred over the packet switched network to 
exceed an amount included in the indication. 



Docket No. 2705-126 1*8* 13 of 1 8 Application No. 09/745,387 

PAGE 15/20 ' RCVD AT 5/2312006 8:36:50 PM [Eastern Daylight Time] 1 SVR:USPTO-EFXRF-6/28 ' ON1S:2738300 1 CSID:5032744622 1 DURATION (mifrss):0742 

BEST AVAILABLE COP v 



